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SPEECH PROCESSING APPARATUS AND MOBILE COMMUNI CATION 

TERMINAL 



BACKGROUND OF THE INVENTION 

1. Field of the Invention 

[0001] The present invention relates to a speech 
processing apparatus in a speech coding apparatus, speech 
decoding apparatus, speech reproducing apparatus, or the 
like for improving the intelligibility of a speech signal 
degraded in quality or enhancing input speech so as to 
enable output speech to be intelligibly heard even in a 
noisy environment or other environment where the speech 
is difficult to understand and a mobile phone or other 
mobile communication terminal provided with such a speech 
processing apparatus . 

2. Description of the Related Art 

[0002] Various technologies exists for processing 
speech signals to improve the intelligibility of speech 
degraded in quality and difficult to understand. For 
example, numerous systems have been proposed and applied 
to mobile phones for so-called "noise cancelers" for 
removing noise mixed in with speech. 

[0003] Mobile phones etc. are often used in noisy 
environments. When using mobile phones in noisy 
environments, there is the problem that the other party 
is difficult to understand. Therefore, various 
technologies have been proposed to enable speech to be 
easily understood by processing for enhancing the 
characteristics of the speech. 

[0004] For example, as a technique for enhancing the 
formants, important for vowel recognition of speech, 
Japanese Unexamined Patent Publication (Kokai) No. 2- 
82710 has proposed technology using a post-processing 
filter having a transfer characteristic H(z) expressed by 
the following equation (1): 

H(z) = {2 i=1 n a[i] (Pz)" 1 }/{2 i=1 m a[i] (ctz)" 1 } (1) 
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[0005] In the above equation (1), "a[i] H is a linear 
prediction coefficient (LPC), while a and |3 are suitably 
determined constants. By using a post-processing filter 
having a characteristic expressed by the above equation 
(1), the formant frequency component is enhanced and the 
subjective quality of the encoded speech is improved. 
[0006] Further, various technologies have been 
proposed for formant enhancement using line spectrum 
pairs (LSPs). An LSP is a frequency parameter expressing 
the characteristics of speech. If expressing an LSP by 
the variable co, co is usually in the range of 0<&><xi, but 
depending on the method of expression, it is sometimes 
also expressed by a range normalized to a value between 0 
and 1, that is, OssgossI. Alternatively, it is sometimes 
expressed as 0<sco=s4000 (Hz). Further, the cosine of an 

LSP, that is, cos (co), is also called an "LSP". An LSP 
can be calculated by computation from an LPC. Further, an 
LPC can be calculated from an LSP. 

[0007] By setting as the LSPs values increasing 
steadily from a low order to a high order, it is known 
that the later filtering proceeds stably. Further, the 
smaller the distance (difference) between LSP values of 
adjacent orders, the stronger the peak that appears in 
the formants of the speech. This property becomes greater 
the closer the value of an LSP to 0. LSPs are for example 
explained in detail in for example the Acoustic Society 
of Japan, "Oto no Komunlkeesyon Kogaku" (Communication 
Engineering of Sound), first edition, Corona, August 30, 
1996, p. 27. 

[0008] Japanese Unexamined Patent Publication (Kokai) 
No. 8-305397 proposes a speech processing filter 
calculating an interior division value with predetermined 
LSP values (values arranged at equal intervals on the 
frequency) for input values of LSPs, making corrections 
to widen portions where the distance between adjacent 
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orders is less than a predetermined value, and increasing 
the freedom of characteristics of the speech processing 
filter and obtaining an excellent formant enhancement 
effect without causing distortion of the level of 
perception in the range of the permissible spectral 
gradients . 

[0009] Japanese Unexamined Patent Publication (Kokai) 
No. 2000-242298 proposes an LSP correction device which 
uses an ascending order LSP corrector which calculates 
the distance between adjacent orders successively from 
the lower order of the LSPs and widens the distance 
between orders when the distance between orders falls 
below a threshold and a descending order LSP corrector 
which calculates the distance between adjacent orders 
successively from the higher order of the LSPs and widens 
the distance between orders when the distance between 
orders falls below a threshold so as to enable the 
distance between orders to be sufficiently widened with a 
good balance. 

[0010] The above related art, however, suffered from 
the following problems. 

[0011] In the post-processing filter of Japanese 
Unexamined Patent Publication (Kokai) No. 2-82710, it was 
necessary to adjust the constant parameters a and (3. 
These parameters, however, are difficult to adjust since 
it is difficult to determine the correspondence between 
frequency characteristics and auditory effects. If 
unsuitably adjusted, the sound quality conversely ends up 
deteriorating . 

[0012] Further, in the speech processing filter of 
Japanese Unexamined Patent Publication (Kokai) No. 8- 
305397, since the correction is made by obtaining the 
interior division point between the LSP values of the 
speech signal and LSP values arranged at equal intervals 
in advance, when the original LSP values concentrate at a 
lower band, the speech ends up shifting to a high 
frequency overall and the output speech is liable to 
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sound strange . 

[0013] Further, in the LSP correction device of 
Japanese Unexamined Patent Publication (Kokai) No, 2000- 
242298, since the LSP values of adjacent orders are 
successively changed, when there is unevenness in the 
original distribution of the LSPs , trouble such as the 
LSP values ending up leaning heavily to the low order or 
high order side is liable to occur. 

SUMMARY OF THE INVENTION 
[0014] An object of the present invention is to 
provide a speech processing apparatus and a mobile 
communication terminal able to enhance formants more 
naturally without greatly changing the formant 
frequencies and also able to improve the intelligibility 
of speech by more enhancing the feature of the speech, 
when adjusting the LSP values to improve the 
intelligibility of speech. 

[0015] To attain the above object, the speech 
processing apparatus of the present invention is 
configured as follows: That is, a speech analyzing unit 
(100) analyzes an input speech signal to find linear 
prediction coefficients (LPCs) and converts the LPCs to 
line spectrum pairs (LSPs) of the speech signal. A speech 
decoding unit (200) calculates the distance between 
adjacent orders of the LSPs by an LSP analytical 
processing unit (3) and calculates LSP adjusting amounts 
of larger values for LSPs of adjacent orders closer in 
distance by an LSP adjusting amount calculating unit (4). 
An LSP adjusting unit (5) adjusts the LSPs based on the 
LSP adjusting amounts so that the LSPs of adjacent orders 
closer in distance become further closer. An LSP-LPC 
converting unit (6) converts the adjusted LSPs to LPCs, 
then an LPC combining unit (7) uses the LPCs and the 
sound source parameters to combine and output formant- 
enhanced speech. By this, a speech processing apparatus 
enhances speech so that the speech can be intelligibly 
understood is realized and the formants can be enhanced 
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more naturally to improve the intelligibility of the 
speech. 

BRIEF DESCRIPTION OF THE DRAWINGS 
[0016] These and other objects and features of the 
present invention will become clearer from the following 
description of the preferred embodiments given with 
reference to the attached drawings , wherein: 

FIG. 1 is a view of the main configuration of a 
speech processing apparatus according to the present 
invention; 

FIG. 2 is a view of the adjustment action of LSPs 
according to the present invention; 

FIG. 3 is a view of a specific example of adjustment 
of LSPs according to the present invention; 

FIG. 4 is a view of a specific example of formants 
enhanced by the present invention; 

FIG. 5 is a view of a speech processing apparatus of 
the present invention weighting by frequency; 

FIG. 6 is a view of a speech processing apparatus of 
the present invention restricting the range of 
adjustment; 

FIG. 7 is a view of a speech processing apparatus of 
the present invention adjusting the frequency range of 
speech enhancement ; 

FIG. 8 is a view of the characteristics of a filter 
adjusting the frequency range of speech enhancement; and 

FIG. 9 is a view of an example of the configuration 
of a mobile communication terminal employing the speech 
processing function of the present invention. 

DESCRIPTION OF THE PREFERRED EMBODIMENTS 
[0017] Preferred embodiments of the present invention 
will be described in detail below while referring to the 
attached figures. 

[0018] First to fourth aspects of the speech 
processing apparatus of the present invention will be 
explained in the following (1) to (4). 

[0019] (1) A speech processing apparatus for enhancing 
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formants of speech comprising means for calculating a 
distance between adjacent orders of linear spectrum pairs 
(LSPs) of a speech signal , means for adjusting the linear 
spectrum pairs (LSPs) so that distance between LSPs of 
adjacent orders closer in distance become closer, and 
means for combining and outputting a speech signal based 
on the adjusted LSPs. 

[0020] (2) A speech processing apparatus as set forth 
in (1), where the means for adjusting the LSPs is 
provided with means for weighting the LSP adjusting 
amounts in accordance with the frequencies of the LSPs, 
[0021] (3) A speech processing apparatus as set forth 
in (1) or (2), where the means for adjusting the LSPs is 
provided with means for restricting the orders or the 
frequency range of the LSPs for adjustment. 
[0022] (4) A speech processing apparatus as set forth 
in (1) , (2), or (3), further provided with a band- 
elimination filter for eliminating a specific frequency 
component of an enhanced speech signal synthesized based 
on the adjusted LSPs, a band-pass filter for passing the 
specific frequency component of the speech signal before 
the enhancement, and means for combining and outputting 
output signals of the band-elimination filter and band- 
pass filter. 

[0023] The mobile communication terminal of the 
present invention is provided with means for converting a 
wireless frequency signal to a baseband signal , means for 
decoding speech parameters from speech encoding 
parameters of the baseband signal to extract LSPs and 
sound source parameters, means for calculating distances 
between adjacent orders of extracted LSPs, means for 
adjusting the LSPs so that the distance between LSPs of 
adjacent orders close in distance become closer, and 
means for synthesizing and outputting a speech signal 
based on the adjusted LSPs and sound source parameters. 
[0024] FIG. 1 shows the main configuration of a speech 
processing apparatus according to the present invention. 
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In the figure, a speech analyzing unit 100 analyzes LPCs 
for input speech by an LPC analyzing unit 1 and converts 
the LPCs obtained by the analysis to values (frequencies) 
of LSPs by an LPC-LSP converting unit 2 . 
[0025] The input speech may be a speech signal input 
from a microphone or a speech signal output from a speech 
decoding apparatus used in a mobile phone or other 
communication device. For the LPC analysis, it is 
possible to use the Durbin-Revinson-Itakura method or 
another analysis algorithm. The sound source parameters 
analyzed at the LPC analyzing unit 1 and the values of 
the LSPs converted at the LPC-LSP converting unit 2 are 
input to a speech decoding unit 200. 
[0026] The speech decoding unit 200 analyzes the 
values of the LSPs output from the speech analyzing unit 
100, calculates the distances between adjacent orders of 
LSPs, and outputs the distances between orders of LSPs to 
an LSP adjusting amount calculating unit 4. The LSP 
adjusting amount calculating unit 4 calculates the LSP 
adjusting amounts required for enhancing the formants and 
outputs the LSP adjusting amounts to an LSP adjusting 
unit 5 . 

[0027] The LSP adjusting unit 5 adjusts the values of 
the LSPs output from the speech analyzing unit 100 and 
outputs the adjusted values of the LSPs to the LSP-LPC 
converting unit 6 . The LSP-LPC converting unit 6 converts 
the adjusted values of the LSPs to LPCs and outputs the 
LPCs to the LPC combining unit 7 . 

[0028] The LPC combining unit 7 uses the LCPs 
converted from the adjusted LSPs and the sound source 
parameters input from the speech analyzing unit 100 to 
synthesize speech by linear prediction and generate a 
f ormant-enhanced output speech signal. The output speech 
signal is amplified through an amplifier 300 and output 
from a speaker 4 00. 

[0029] Here, the distances between orders of LSPs 
calculated at the LSP analytical processing unit 3 will 
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be explained in detail- The LSP analytical processing 
unit 3 calculates the distances between orders of LSPs by 
the differences of the values of the LSPs of adjacent 
orders. Here, if the input value of an LSP of an i-th 
order is co[i] and the total number of orders of the LSP 
is N (for example, N=10), a distance d[i] between orders 
of LSPs of the i-th order is calculated as follows: 

d[0] = co[0] (2) 
d[i] = w[i]-co[i-l] , (IsisN-l) (3) 
d[N] = MAX-oo[N-l ] (4) 
[0030] Here, "MAX" is the maximum value which the 
values co[i] of LSPs are able to take. d[0] and d[N] are 
values of the two ends of the LSP orders and require 
special handling, i.e., the above values are to be set or 
the value of 0 (zero) is set. 

[0031] Next, the LSP adjusting amount calculating unit 
4 calculates the i-th order LSP adjusting amount Adj[i] 
based on the distance d[i] calculated by the above 
equations (2) to (4). The LSP adjusting amount Adj[i] 
becomes lower the greater the value of the distance d[i] 
or the greater its power. The calculation equations are 
given below. 

[0032] Note that in the following equations, "THRE" is 
the upper threshold (limit) value of the distance between 
orders of the LSP values to be adjusted. An LSP value 
where the distance between orders is greater than this 
value is not adjusted. "X" is a positive real number 
suitably selected as a power. "Ratio [i]" is a proximity 
ratio ( 0<Ratio[ i ]<1 ) expressing how close to make the 
adjacent two LSPs. Further, "pow(A,B)" expresses the B 
power of A. 

[0033] When d [ i ] >THRE , Adj[i] = 0 (5) 
[0034] When d[i]<;THRE, 

Ratio[i] = pow( ( THRE-d [ i ] ) /THRE , X) (6) 
[0035] However, when Ratio [ i ] >RTHRE , 
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Ratio[i] = RTHRE (7) 
[0036] "RTHRE" is the upper threshold value of the 
Ratio[i] and is set in a range of 0<RTHRE<1.0. For 
example, RTHRE = 0.9 is set. 

Adj[i] = (0.5 x d[i]) x Ratio[i] (8) 
[0037] If the proximity ratio [i] were set to a value 
of 1 or more, adjustment of the LSP values would cause 
adjacent LSPs to overlap at the same values (when 
Ratio[i] = 1) or adjacent LSPs to end up crossing each 
other (when Ratio[i]>l), so the Ratio[i] is made a value 
less than 1. In the above example, from equation (7), the 
upper limit of Ratio[i] is made 0.9. 

[0038] A specific example of calculation of the LSP 
adjusting amounts Adj[i] by equations (2) to (8) will be 
explained with reference to FIG. 2. 

[0039] (a) of FIG. 2 shows examples of the numerical 
values of the 0-th order to the fourth order LSP values 
co[0] to (o[4]. Here, the LSP values o)[0] to co[4] are 
assumed to be normalized to a range from 0 to 1.0. 
[0040] As shown in (a) of FIG. 2, the values of the 
LSPs are co[0] = 0.1, co[l] = 0.2, co[2] = 0.3, co[3] = 0.5, 
and co[4] = 0.7. Further, the upper threshold value THRE 
of the distances between orders is made 0.25, the power X 
is made 2, and the maximum value MAX able to be taken by 
values of LSPs is made 1.0. 

[0041] If calculating the distances d[i] between 
orders of LSPs for respective orders in accordance with 
equations (2) to (4), the results are: 

d[0] = 0.1, 

d[l] = 0.1, 

d[2] = 0.1, 

d[3] = 0.2, 

d[4] = 0.2, 

d[5] = 0.3. 
[0042] Next, by equations (5) to (8), 

Ratio[0] = ( (0.25-0. l)/0.25) 2 = 0.36, 
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Adj[0] = (0.5x0. I)x0. 36 = 0.018, 

Ratio[l] = ( (0.25-0. l)/0.25) 2 = 0.36, 
Adj[l] = (0.5x0. I)x0. 36 = 0.018, 

Ratio[2] = ( (0.25-0. l)/0.25) 2 = 0.36, 
Adj[0] = (0.5x0. I)x0. 36 = 0.018, 

Ratio[3] = ( (0.25-0. 2)/0.25) 2 = 0.04, 
Adj[3] = (0.5x0. I)x0. 04 = 0.002, 

Ratio[4] = ( (0.25-0. 2)/0.25) 2 = 0.04, 

Adj[4] = (0.5x0. I)x0. 04 = 0.002, 

Adj[5] =0.0 (since d [ 5 ] >THRE ) 
[0043] In this way, it is learned that the closer the 
values of adjacent LSPs, the greater the value of the LSP 
adjusting amount Adj. When adjusting LSP values based on 
LSP adjusting amounts Adj obtained in this way, for 
example the LSP adjusting amount Adj [2] calculated from 
the LSP value co[l] and LSP value oo[2] is used to adjust 
both of the LSP value o)[l] and LSP value co[2]. 
[0044] That is, it is used for both the adjusting 
amount for moving the LSP value co[l] from the LSP value 
co[l] of the current point of time in the direction 
toward the LSP value o)[2] and the adjusting amount for 
moving the LSP value o)[2] from the LSP value co[2] of the 
current point of time in the direction toward the LSP 
value co[l]. Due to this adjustment action, the values of 
the LSPs close in distance become closer. This adjustment 
action is similarly applied to all LSP values. 
[0045] The above adjustment action will be explained 
next referring to (b) of FIG. 2. The LSP adjusting amount 
Adj [2] is used for both the LSP value o)[l] and the LSP 
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value co[2] and has an adjustment action moving the LSP 
value oo[l] in the positive direction (right direction in 
the figure) and the LSP value co[2] in the negative 
direction (left direction in the figure), 
[0046] Further, the LSP adjusting amount Adj[3] is 
used for both the LSP value co[2] and the LSP value oo[3] 
and has an adjustment action moving the LSP value co[2] 
in the positive direction (right direction in the figure) 
and the LSP value o)[3] in the negative direction (left 
direction in the figure), due to this, an adjustment 
action of {-Ad j [ 2 ]+Ad j [ 3 ] } works for the LSP value co[2]. 
[0047] Expressing the adjusting amounts Adj_all[i] due 
to the adjustment action in both directions by an 
equation, the result is: 

Adj_all[i] = -Adj[i]+Adj[i+1] (0si=sN-l) (9) 
[0048] By adding the bidirectional LSP adjusting 
amounts Adj_all[i] to the LSP values oo[i] of the input 
speech signal, the LSP values co[i] are adjusted. The 
adjusted LSP values o)'[i] are expressed by the following 
equation ( 10 ) : 

o)'[i] = co[i]+Adj_all[i] (10) 
[0049] A specific example of the LSP values co[i] 
adjusted in this way is shown in FIG. 3. (a) of FIG. 3 
plots the LSP values co[i] before adjustment, while (b) 
of FIG. 3 plots the LSP values co[i] after adjustment. 
For example, it will be understood that the LSP values 
co[i] close to each other originally such as the bottom 
three points (A, ■, ♦) become closer due to the 
adjustment of the LSPs. 

[0050] By adjusting the LSPs such that the LSPs of 
adjacent orders having distances less than a certain 
threshold THRE become closer, the formants of the speech 
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[0055] In the above equation (11) or {12), "MAX" is 
the maximum value which the LSP values co[i] can take, 
while "Adj[i] M is an LSP adjusting amount before 
weighting. Further, "X" is a positive real number 
suitably selected as a power, and M pow(A,B)" expresses 
the B power of A. 

[0056] The LSP adjusting amounts Adj'[i] output from 
the frequency-weighting unit 9 of FIG. 5 are output to 
the above-mentioned LSP adjusting unit 5. The LSP 
adjusting unit 5 uses the LSP adjusting amounts Adj'[i] 
to adjust the values of the LSPs input from the speech 
analyzing unit 100 and outputs the adjusted values of the 
LSPs to the LSP-LPC converting unit 6. The rest of the 
operation is similar to the operation of the speech 
processing apparatus shown in FIG. 1. 
[0057] Next, FIG. 6 shows a speech processing 
apparatus of the present invention restricting the range 
of adjustment. The speech processing apparatus of this 
embodiment is comprised of the speech processing 
apparatus of FIG. 1 or FIG. 5 plus an adjusting range 
restricting unit 10. The adjusting range restricting unit 
10 performs processing for selectively restricting the 
frequency range (range of orders of LSPs) for adjustment 
of the LSP values. 

[0058] If enhancing the formants, sometimes the 
characteristics of the low frequency components of the 
speech greatly change and the quality of speech ends up 
deteriorating. To avoid such deterioration in the quality 
of speech, it is possible not to adjust the LSP values in 
a frequency range where adjustment is expected to cause 
extreme changes in the speech so as to prevent the above 
deterioration of quality and improve intelligibility. 
[0059] As specific means for restricting the range of 
adjustment of the LSP values, the adjusting range 
restricting unit 10 is provided with means for setting 
the orders of the range of restriction of adjustment for 
LSP adjusting amounts Adj[i] of the orders (0th to Mth) 



- 14 - 



in the range where adjustment is expected to cause 
extreme changes in the speech. The adjusting range 
restricting unit 10 outputs LSP adjusting amounts Adj"[i] 
having adjusting amounts of 0 (zero) as the LSP adjusting 
amounts Adj[i] of the orders (0th to Mth) of the set 
range of restriction as shown in the following equation 
(13): 

Adj M [i] =0.0 (0=si<;M) (13) 
where, (OssMssN) 

[0060] Alternatively, the adjusting range restricting 
unit 10 can be configured to output the LSP adjusting 
amounts Adj" [i] as 0.0 (zero) for the i-th orders 
specified from the outside. In this case, the adjusting 
range restricting unit 10 outputs the LSP adjusting 
amounts Adj M [i] to the LSP adjusting unit 5, then the LSP 
adjusting unit 5 uses the LSP adjusting amounts Adj" [i] 
to adjust the values of the LSPs input from the speech 
analyzing unit 100 and outputs the adjusted values of the 
LSPs to the LSP-LPC converting unit 6. The rest of the 
operation is similar to the operation of the speech 
processing apparatus shown in FIG. 1. 
[0061] Next, FIG. 7 shows a speech processing 
apparatus of the present invention adjusting the 
frequency range of the speech enhancement. In general, 
when enhancing speech by formant enhancement etc., 
sometimes the speech is overly enhanced and sounds 
strange to the listener. In such a case, it is possible 
to reduce the strangeness by replacing a frequency band 
likely to cause the sound strangeness with unprocessed 
speech, i.e. , not speech enhanced. 

[0062] As shown in FIG. 7, the enhanced speech signal 
output from a speech enhancement unit 12 enhancing speech 
by formant enhancement or another technique is passed 
through a band-elimination filter 13 removing a 
predetermined frequency band and then input to an 
adding/combining unit 15. On the other hand, unprocessed 
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speech comprised of the input speech not enhanced is 
passed through a band-pass filter 14 passing that 
predetermined frequency band and input to the 
adding/combining unit 15. 

[0063] That is, the frequency band likely to cause 
sound strangeness due to enhancement is removed by 
passing through the band-elimination filter 13 , while 
unprocessed speech not enhanced is passed through the 
band-pass filter 14 and the thus passed band is used in 
place of the frequency band of the speech removed at the 
band-elimination filter 13. The outputs of the band- 
elimination filter 13 and the band-pass filter 14 are 
combined at the adding/combining unit 15. As a result, 
enhanced speech free from any feeling of strangeness is 
output from the adding/combining unit 15. 

[0064] As the above band-elimination filter 13 and the 
band-pass filter 14, it is preferable to use filters 
which are mutually complementary filters to give 
substantially flat frequency characteristics when 
combining their output signals. 

[0065] As such filters, for example, a high-pass 
filter having a characteristic as shown in (a) of FIG. 8 
and a low-pass filter having a characteristic as shown in 
(b) of FIG. 8 are used so that the cutoff frequencies fc 
become the same in the two filters as illustrated. Due to 
this, it is possible to form the above mutually 
complementary filters . 

[0066] These speech processing apparatuses of the 
present invention can be realized by partially modifying 
the processing units or functional circuits in 
conventional speech decoding apparatuses. Alternatively, 
they can be realized by adding processing units or 
functional circuits for LSP adjustment according to the 
present invention to conventional speech decoding 
apparatuses or speech reproducing apparatuses. 
[0067] FIG. 9 shows an example of a configuration 
applying the above speech processing function to a mobile 
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phone or other mobile communication terminal. The figure 
shows the configuration of a receiving unit of a mobile 
communication terminal. The mobile communication terminal 
receives a wireless frequency signal input from an 
antenna at an RF transceiver unit 110 and demodulates the 
wireless frequency signal by a baseband signal processing 
unit 120 to convert it to a baseband signal. 
[0068] The speech encoding parameters of the baseband 
signal are input to a speech decoding unit 200. The 
speech decoding unit 200 decodes the speech parameters 
from the speech encoding parameters by an inverse 
quantizing unit 8 to extract the LSPs and sound source 
parameters. The extracted LSPs are input to the LSP 
analytical processing unit 3, while the sound source 
parameters are input to the LPC combining unit 7 . 
[0069] The LSP analytical processing unit 3, in the 
same way as the speech processing apparatus shown in FIG. 
1, calculates the distances between orders of LSPs and 
outputs the distances between orders of LSPs to the LSP 
adjusting amount calculating unit 4. The LSP adjusting 
amount calculating unit 4 calculates the LSP adjusting 
amounts based on the distance between orders of LSPs and 
outputs the LSP adjusting amounts to the LSP adjusting 
unit 5. 

[0070] The LSP adjusting unit 5 adds the LSP adjusting 
amounts to the original LSP values to adjust the LSP 
values and outputs the adjusted LSP values to the LSP-LPC 
converting unit 6. The LSP-LPC converting unit 6 converts 
the adjusted values of the LSPs to the LPCs and outputs 
the LPCs to the LPC combining unit 7. 

[0071] The LPC combining unit 7 uses the LPCs obtained 
by conversion from the adjusted LSPs and the sound source 
parameters input from the inverse quantizing unit 8 to 
synthesize speech by linear prediction and generates a 
formant-enhanced output speech signal. The output speech 
signal is passed through the amplifier 300 for 
amplification and output from the speaker 400. 
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[0072] The configuration shown in FIG. 9 can be 
realized by partially modifying the processing of the 
conventional speech decoder used in a mobile phone or 
other mobile communication terminal and adding the LSP 
analytical processing unit 3, LSP adjusting amount 
calculating unit 4, and LSP adjusting unit 5. Here, as 
the speech decoder , it is possible to use a system using 
LSP parameters for high performance compression and 
decompression of a speech signal by digital signal 
processing, for example, an adaptive multi rate speech 
codec (AMR-speech CODEC) decoder standardized by the 3rd 
Generation Partnership Project ( 3GPP ) . 

[0073] Note that while not illustrated, it is also 
possible to suitably add to the speech decoding apparatus 
of the mobile communication terminal the above-explained 
function of LSP adjustment by weighting by frequency, the 
function of restricting the range of adjustment of LSPs, 
or the function of adjusting the frequency range of 
speech enhancement . 

[0074] Summarizing the advantageous effects of the 
invention, as explained above, by adjusting values of the 
LSPs such that LSPs of adjacent orders closer in distance 
become closer, it is possible to naturally enhance 
formants without causing the LSPs to shift as a whole and 
without a change in the formant frequencies and therefore 
possible to reduce deterioration of the quality of 
speech. Further, it is possible to reproduce more natural 
and intelligible speech even in a noisy environment. 
[0075] Further, when adjusting LSPs, by weighting by 
frequency or by restricting the range of adjustment so as 
not to enhance the formants of certain frequency 
components, it is possible to prevent extreme changes in 
the speech due to speech enhancement and therefore 
reproduce more natural speech. 

[0076] Further, by passing the enhanced speech through 
a band-elimination filter to remove a frequency component 
with extreme changes and replacing the band of the speech 
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signal removed by the band-elimination filter with an 
unenhanced input speech signal obtained by passing the 
input speech signal before enhancement through a band- 
pass filter, only the formants of a band required for 
improvement of intelligibility are enhanced, so it is 
possible to enhance speech while keeping down to a 
minimum the feeling of strangeness of the speech. 
[0077] While the invention has been described with 
reference to specific embodiments chosen for purpose of 
illustration, it should be apparent that numerous 
modifications could be made thereto by those skilled in 
the art without departing from the basic concept and 
scope of the invention. 

[0078] The present disclosure relates to subject 
matter contained in Japanese Patent Application No. 2002- 
250362, filed on August 29, 2002, the disclosure of which 
is expressly incorporated herein by reference in its 
entirety. 



